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CLAIMS: 



1. A method of encoding an audio signal, the audio signal including a first audio 
channel and a second audio channel, the method comprising the steps of: 

subband filtering each of the first audio channel and the second audio channel 
in a complex modulated filterbank to provide a first plurality of subband signals for the first 
S audio channel and a second plurality of subband signals for the second audio channel, 

downsampling each of the subband signals to provide a first plurality of 
downsampled subband signals and a second plurality of downsampled subband signals, 

further subband filtering at least one of the downsampled subband signals in a 
further filterbank in order to provide a plurality of sub-subband signals, 
10 deriving spatial parameters from the sub-subband signals and from those 

downsampled subband signals that are not further subband filtered, and 

deriving a single channel audio signal comprising derived subband signals 
derived from the first plurality of downsampled subband signals and the second plurality of 
downsampled subband signals. 

15 

2. A method as claimed in claim 1, wherein for each subband that is further 
subband filtered, the sub*$ubband signals are added together after scaling and/or phase 
rotation to form a new subband signal, and wherein the single channel audio signal is derived 
from these new subband signals and the downsampled subbemd signals that are not further 

20 filtered. 

3. A method as claimed in claim 1, wherein the further subband filtering is 
performed on at least the lowest frequency subband signal of the first plurality of 
downsampled subband signals and on the lowest frequency subband signal of the second 

25 plurality of downsampled subband signals. 

4. A method as claimed in claim 3, wherein the further subband filtering is 
further performed on at least the next lowest frequency subband signal of the first plurality of 
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downsampled subband signals and on the next lowest frequency subband signal of the second 
plurality of downsampled subband signals. 

5. A method as claimed in claim 4, wherein the number of sub-subbands in the 
S lowest frequency subband signals is higher than the number of sub-subbands in the next 

lowest frequency subband signals. 

6. A method as claimed in claim 1, wherein the further subband filterbank is at 
least partially a complex modulated filter bank. 

10 

7. A method as claimed in claim 1, wherein the further subband filterbank is at 
least partially a real valued cosine modulated filter bank. 

8. A method as claimed in claim 1, wherein the further subband filter bank is an 
1 5 oddly stacked filter bsmk. 

9. A method as claimed in claim 1, wherein the sub-subband signals are not 
further downsampled. 

20 10. A method as claimed in claim 1, wherein the single channel audio signal is 

bandwidth limited and further coded and wherein spectral band replication parameters are 
derived from the first plurality of downsampled subband signals and/or the second plurality 
of downsampled subband signals. 

25 11. An audio encoder for encoding an audio signal, the audio signal including a 

first audio channel and a second audio channel, the encoder comprising: 

a first complex modulated filterbank for subband filtering the first audio 
channel to provide a first plurality of subband signals for the first audio channel, 

a second complex modulated filterbank for subband filtering the second audio 
30 channel to provide a second plurality of subband signals for the second audio channel, 

means for downsampling each of the subband signals to provide a first 
plurality of downsampled subband signals and a second plurality of downsampled subband 
signals. 
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a further filterbank for further subband filtering at least one of the 

* 

downsampled subband signals in order to provide a plurality of sub-subband signals, 

means for deriving spatial parameters from the sub-subband signals and from 
those downsampled subband signals that are not further subband filtered, and 
5 means for deriving a single channel audio signal comprising derived subband 

signals derived from the first plurality of downsampled subband signals and the second 
plurality of downsampled subband signals. 

12. An apparatus for transmitting or storing an encoded audio signal based on an 

10 input audio signal, the apparatus comprising: 

an input unit to receive an input audio signal, 

an audio encoder as claimed in claim 1 1 for encoding the input audio signal to 
obtain an encoded audio signal, 

a channel coder to further code the encoded audio signal into a format suitable 
1 5 for transmitting or storing. 



13. A method of decoding an encoded audio signal, the encoded audio signal 
comprising an encoded single channel audio signal and a set of spatial parameters, the 
method of decoding comprising: 

20 decoding the encoded single channel audio channel to obtain a plurality of 

downsampled subband signals, 

further subband filtering at least one of the downsampled subband signals in a 
further filterbank in order to provide a plurality of sub-subband signals, and 

deriving two audio channels from the spatial parameters, the sub-subband 
25 signals and those downsampled subband signals that are not further subband filtered. 

14. A method as claimed in claim 1 3, wherein the further subband filtering is 
performed on at least the lowest frequency subband signal of the plurality of downsampled 
subband signals. 

30 

15. A method as claimed in claim 14, wherein the further subband filtering is 
further performed on at least the next lowest frequency subband signal of the plurality of 
downsampled subband signals. 
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16. A method as claimed in claim 15, wherein the number of sub-subbands in the 

lowest frequency subband signals is higher than the number of sub-subbands in the next 
lowest frequency subband signals. 

5 17. A method as claimed in claim 13, wherein the further subband filter bank is at 

least partially a complex modulated filter bank. 

18. A method as claimed in claim 13, wherein the further subband filterbank is at 
least partially a real valued cosine modulated filter bank. 

10 

19. A method as claimed in claim 13, wherein the further subband filter bank is an 
oddly stacked filter bank. 

20. A method as claimed in claim 13, wherein, in the lowest frequency subband, 
15 phase modifications to the sub-subband signals having a negative center* frequency in time 

domain are determined by taking the negative of the phase modification applied on a sub- 
subband signal having a positive center-frequency which is in absolute value closest to said 
negative center-frequency. 

20 21. A method as claimed in claim 13, wherein the encoded audio signal comprises 

spectral band replication parameters and wherein a high frequency component is derived 
from the plurality of downsampled subband signals and the spectral band replication 
parameters and wherein the two audio channels are derived from the spatial parameters, the 
sub-subband signals, those downsampled subband signals that are not further subband filtered 

25 and the high frequency component. 

22. An audio decoder for decoding an encoded audio signal, the encoded audio 

signal comprising an encoded single channel audio signal and a set of spatial parameters, the 
audio decoder comprising: 
30 a decoder for decoding the encoded single channel audio channel to obtain a 

plurality of downsampled subband signals, 

a fiirher filter bank for further subband filtering at least one of the 
downsampled subband signals in a further filterbank in order to provide a plurality of sub- 
subband signals, and 



wo 2005/043511 PCT/IB2004/052226 

22 

means for deriving two audio channels from the spatial parameters, the sub- 
subband signals and those downsampled subband signals that are not further subband filtered. 

23. An apparatus for reproducing an output audio signal, the sq^paratus 
5 comprising: 

an input unit for obtaining an encoded audio signal, 

an audio decoder as claimed in claim 22 for decoding the encoded audio signal 
to obtain the output audio signal, and 

a reproduction unit, such as a speaker or headphone output, for reproducing 
10 the output audio signal. 

24. A computer program product including code for instructing a computer to 
perform the steps of the method as claimed in claim 1 or 13. 



